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Figure 27(a) Spectrum of the Filtered Signal of Figure 25(a)
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Figure 28(a) Spectrum of the Filtered Signal of Figure 26(a)

Figure 28(b) Difference Between the Filtered Spectrum and a
Perfect Two-Tone Spectrum
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The second sidelobe-related spurious signals are due to the con-
tinuous operation of the filter. TAPS operates on successive blocks of data
entered via the input time signal. The input signal must be broken into time-
intervals which correspond to the length of the multiplying chirp filter
response. Each block of data must then be processed separately. Following
operation on the transform of these signal intervals, the inverse transform
is performed, and, ideally, the reconstructed time signal satisfies superposi-
tion principles. In other words, the time signal out of TAPS represents no more
or less than the filtered input signal. Figure 29 shows schematically the

continuous operation for the programmable matched filter case.

There are degradations associated with this operation, however. For
example, consider the response of the transformer to a cw signal. The trans-
formed signel will contain not only a compressed main lobe whose location
depends on its frequency, but also the normal sidelobes associated with the
compression of a chirp signal. While all principal frequency components for
signals in the band will occur during the central chirp time AT, sidelobes will
extend over a total time 3 AT as discussed before. This mode of operation is
illustrated in the time-frequency diagram of Figure 30. The desired portion of
the output B(t) is shaded. Clearly, this portion overlaps the unwanted
(unshaded) tails of the adjacent output signals in both time and frequency,
contributing to spurious signals at the output. The significance of this dis-
tortion is revealed through comparison of the transform processor for noncon-

tinuous versus continuous operation.

The simulations again follow the block diagram of the transform

processor with the same three-tone input signal previously used. The input

signal and the transformer output B(t) are shown in Figures 31(a) and 31(b),

but their spectra are on a log scale to show details over a wider dynamic range.
The signal H(t) following the modulator is unchanged since no modulation is

being applied. The reconstructed output in Figure 31(c) is very similar to
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the input signal. The difference between the input and output is more than

30 dB down everywhere (except for the sharp spikes which are attributed to the
comparison of a bandlimited output signal to the unbandlimited input rather
than system errors), as shown in Figure 31(d). The spectra of the input and
output are even closer, with the difference being more than 47 dB down every-

where.

The input signal used for simulated continuous operation consists
of the same three-tone signal. The repetition rates of the pulsed signals were
different, and each period was longer than the sampling time T (1.2 psec) of
the transform processor. A portion of the output containing both pulses was
examined and compared with the example of noncontinuous operation in Figure 31.
input signal and its spectrum are shown in Figures 32(a) and 32(b). The
chirp-Z transform of this signal is shown in Figure 33(a). The beating in the
spectrum caused by the repetition of the pulses is not present in the chirp-Z
transform, since only one pulse falls within the sampling time T. The input
signal is recreated as shown in Figure 34(a) by an inverse chirp-Z transform.
Figure 34(b) shows the difference between the input and output signals nor-
malized to the input. The distortion level is between =20 and -30 dB
down. (Again, note that the sharp spikes are not errors, but are introduced
by the comparison of a bandlimited output to an essentially unbandlimited
input.) In noncontinuous operation the distortion level was -30 to -40 dB down.
Thus, cw operation has increased the distortion somewhat. The difference
between the output and the input spectra is shown in Figure 33(b). The
spectral distortion is always below -43 dB and is usually between -50 and -60.
This is also about 10 dB worse than noncontinuous operation. As expected, then,
cw operation introduces a low-level distortion which is seen to depend on the
BT product of the system as discussed in Section IV.B.1.

One way to avoid this problem is to build a two-channel processor

with successive periods of the chirp signal entering alternate channels. The
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outputs can be gated before being summed to provide continuous operation. This
two-channel transform doubles the system complexity and makes the timing prob-
lems more severe, since the summation must be coherent at the carrier frequency.
Alternatively, since the tails on the signal correspond to sidelobes of the
compressed input tones, they may be reduced by standard weighting techniques

applied to the input mixing chirp.

There are several drawbacks to this approach. Since the actual
Fourier transform of the input signal block would contain these sidelobes at
levels comparable to the SAW chirp transform without a weighted multiplying
chirp, weighting that first chirp will create additional frequency domain
error. This error is not of predominant interest for the filter, however,
since it is ultimately the reconstruction of the time domain signal after
filtering and inverse transforming that is of concern. The success of weight-
ing that chirp depends on its reduction of adjacent time interval sidelobe
interference and resultant facilitation of filtering frequency components more
optimally. Unfortunately, neither is strictly true. The character of the
input signal most particularly influences the sidelobe suppression achieved by
the weighting. That is, a short pulse that arrives early in the transform
processing interval is simply monotonicaily attenuated by the shape of a
single half of the weighted multiplying chirp. Had it arrived at the center
of the interval, the pulse symmetry would have been preserved, but the amount
of weighting applied would have been inconsequential. In other words, different
signals would have been influenced differently by such weighting according to
time of arrival and pulse length. Only the special case of a cw signal would
be properly weighted for the desired sidelobe suppression and, as will be
discussed in Section IV.C., this special case is not properly handled by a

single-channel system for other reasons.

In addition tu the relatively inconsequential error introduced into

the frequency domain by weighting the first chirp, the reconstructed time

i
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signal is also weighted by the chirp weighting function, as shown in the plots
that follow. The examples included here are weighting on the multiplying

chirp with Gaussian weighting of 0, -9, and -15 dB attenuation at the edge of

the time interval relative to mid-interval. The input signal is the unbandlimited
input of Figure 17(a). Figure 35(a) corresponds to the chirp transform of the
input without weighting the chirps. The difference between the chirp spectrum

and the actual spectrum determined by an FFT routine is given in Figure 35(b)
normalized to the spectrum peak. Figures 36 and 37 correspond similarly

to the chirp transform and the deviation from the actual spectrum for Gaussian
weighting on the first multiplying chirp of =9 and =15 dB attenuation at the

SAW chirp edges, respectively. Following the inverse transform, the recon-
structed time domain signal is given in Figures 17(b), 38(a), and 39(a) for 0 dB,
-9 dB, and -15 dB Gaussian weighting, respectively. Although the difference

of this output compared to the input [Figures 17(c), 38(b), and 39(b)] is given in
terms of the unbandlimited input signal, the overall variation (neglecting the
spikes related to the unbandlimited signal as demonstrated earlier) is clearly
evidenced. The time interval is shaped by the Gaussian weighting function, as
expected. Of course, compensation for this weighting can be made in the final
stage of the inverse transformer by properly weighting the last mixing chirp,

but this presages higher loss for a complexity that has no actual advantage in

the role of adaptable filtering.

The expectation that weighting for sidelobe suppression might
improve filtering performance rests on the particular case of cw filtering.
This is more easily seen in terms of a filtering example when bandpass modula-
tion is applied to remove or pass the cw signal in the example of Figure 31,

This expectation is not realized, as discussed next.
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Figure 37(a) Envelope of the Chirp Transform of the Three-Tone Input
Signal of Figure 17 with -15 dB Gaussian Weighting on
the First Multiplying Chirp

140
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Figure 37(b) Difference Between the Chirp Transform and the Actual
Signal Spectrum Normalized to the Spectrum Peak for
-15 dB Gaussian Weighting
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ON THE Y SCALE ! UNIT

Figure 38(a) Envelope of the Time Domain Output of the TAPS System
for the Three-Tone Input Signal of Figure 17 with -9
dB Gaussian Weighting of the First Multiplying Chirp

Figure 38(b) Difference Between the TAPS Input and Output Signals
Normalized to the Signal Peak for -9 dB Gaussian
Weighting




Figure 39(a) Envelope of the Time Domain Output of the TAPS System for the
Three-Tone Input Signal of Figure 17 with =15 dB Gaussian
Weighting

Figure 39(b) Difference Between the TAPS Input and Output Signals
Normalized to the Signal Peak for =15 dB Gaussian
Weighting




5 i cw Filtering
The principal limitation of the single channel TAPS system is that of
filtering cw signals. Whereas the adaptable filtering for pulsed signals is

achieved with similar performance to that of conventional fixed-tuned filtering

as is demonstrated shortly, cw signals (or signals that span more than one

transform interval) require special considerations due to effects at the edges

of the partitioned signal intervals. To illustrate this, a worst-case example

is simulated for discussion. Using the input of Figure 31 and a modulation

i function to remove the compressed pulse in B(t) corresponding to the cw signal

z at bandcenter, Figure 40 shows the result of this bandstop operation and Figure

f 41 shows the complementary bandpass function. The modified signal H(t) show-

‘ ing the central lobe of the sinc function removed is shown in Figure 40 (a).

f Foy This filter modulation corresponds to a 1.6 MHz bandstop filter characteristic.

% The output T(t) for this filter is shown in Figure 40(b). The beating present
on the pulses in the input signal and the cw signal level has been reduced.

The ripple remaining on the pulses is generated by the residual energy of the

cw frequency. In the areas outside and between the pulses one can see that

this residual energy is largest at the edges of the sample time AT and smallest

in the center. This effect shows up clearly if the bandpass modulation func-

‘r ? tion is modified so that only the center lobe of the cw signal is passed. This

i case corresponds to a 1.6 MHz bandpass filter characteristic. The modified

signal H(t) is shown in Figure 41(a). The normalized output T(t) is shown in
Figure 41(b). The smooth amplitude variation shows that the two pulses have
been completely removed. The variation in amplitude shows the loss of energy

in the cw signal near the edges of the sample time. Simulations of continuous
operation over several intervals more clearly demonstrate this effect. Figure
42 is a simulation of bandpassing the cw term at 150 MHz and rejecting the
remaining frequencies: pulsed terms at 144 and 162 MHz with widths of 0.51

usec and 0.33 usec and repetition periods of 1.2 usec and 1.8 usec, respectively
[Figure 42(a)]. At the edge of each of the three intervals, part of tne cw
energy is lost, causing the scalloped effect shown in Figure 42(c). Figure

42 (d) shows the opposite case: bandstopping the cw term over one interval.
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; (b) TAPS output T(t).

Bandstop filtered transform signal;

(a)

Figure 40 TAPS Output for Filtered Signals.
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Among the alternatives considered for reducing this distortion effect
was that of weighting the first multiplying chirp. It has already been ascer-
tained that no advantage to this weighting accrued to the TAPS system unless
some benefit for cw filtering was established by permitting more complete
localization of cw energy in the compressed pulse and reducing the transform
sidelobes outside the modulation function. Unfortunately, the filtering per-
formance is more directly related to the modulation function width and just as
weighting the first multiplying chirp failed to appreciably improve filtering

performance for pulsed signals, no significant improvement can be attributed
to this design variation for cw filtering.

Figure 43 shows a representative comparison of weighted and unweighted
chirps for use in cw bandpass filtering and bandstop filtering. Clearly, the
character of the distortion is changed, but there is not appreciable improve-
ment in the bandstop example for either case. The flatness of the reconstructed
cw signal in the bandpass case is improved with the weighting, but the scalloped
effect is not weakened, merely narrowed so that a smaller fraction of the time
is distorted at the interval edges. The same effect can be achieved by chang-
ing the gate width of the modulation function with unweighted chirps also. In
fact, weighting the multiplying chirp reduces the sensitivity of TAPS to
variations in the width of the modulating signal, and this may be the only
argument for including such weighting. Arguments against it include higher
loss, the need to compensate for this shaping by inversely weighting the output
multiplying chirp, and its introduction of sensitivity to time of arrival of
pulsed signals. Such weighting, at least exclusive of two channel operation

which is seen to fulfill the needs of cw filtering, is reasonably futile.

Alternatively, one might consider overlapping adjacent intervals such
that the two intervals add to unity in the region where the amplitude drops at
the edges. Figure 44 shows a time-frequency diagram for this type of operation.

With -the multiplying chirps C‘(t) overlapping, one can see that A(t) exhibits
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